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SYSTEM AND METHOD FOR TRANSMITTING AUDIO OR VIDEO DATA 
USING MULTIPLE LEVELS OF PROTECTION 



FIELD OF THE INVENTION 

The invention re>ates generany to digital audio md vldeo data 

ZT p Tr to * mmm * muWp,e chame,s *^ - *>» - ' 

over serial data Links. 



BACKGROUND OF INVENTION 



transm', d $ - <— * «** «™ " a growing need «„ 

<— ng and reeling electronic data currently exist A packet-switched 
— system or circuit-switched network system, for instance, provides 
4. most common methods of transmitting and receiving atonic da,, It should 
he noted, however, that transtnission errors may exist in any Kind of data 
^-nnsston.Apacke.-swi.ehednetwork, for instance, can be affected by 
transmrsston errors such as loss of packets. 

Conaid T" Cm S6Verely hMer ° f ^ 

Constder, for mstance, a situation where a data packet is lost during data 

h— ion. ™. isareladve,y fr e q uen,p roW em encountered in packet awitehed 
e^vorks. In such a case, the prob.eur ntay be core complex man i, may seem 

72 ' y - 77; d ; ,apacketislostduring — 

affected, hu, also me data in Cher packets Emitted during the same 
*— on „ affected. This is because data packets are generally transmitted in 
an organtzed sequence and ma, ioss of one packet may affect the sequence of dam 
*an_ for me enure sequence of packets. As a resu,t, a transmission enor 

causing loss of one packet may further render n n o„i, 

y^er render all subsequent packets out of order 

and therefore useless. 
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° freiUCtaS r~a "La—- — »— ta 

n o,ed that, however whtle ^ ^ ^ ^ ^ example> 

nfinhnize —.on errors, rt n*y no ^W, errors, it 

although a parity hit scheme could heu^ ^ ^ ^ ^ ^ 

m ay not he able to deteet errors m whreh an 
unit are changed due to electrical noise. 

, T ai ototection to Are entire length of data, without assrgmng any 
same level of proton ^ ^ . ^ 

particular importance to a particular ^f*. known transmission 

— d ~ rrrnetwo* systems, therefore, use the type of 

m rate of transmission So- ^ ^ „ fiber optics , rat her 

conm-unicationmedrunrthat^ow ^ OI)cof the disadvantages of fiber 

-^"""to-Ilnraintain. rurtherrnore, fiber 

to many situations, can be uneconomical. 

.packet-switched systemmay be HS ed for n —ng and receivtog audio 
; • , time In such a situation, any transmission error can cause 

delay. i^e aei<*y ^ r plv on real-time 

J( This is significant since many devices today rely on 
v.deo data. Tins is srgnrlr ^ ^ ^ wically 

oommrnficafionofda te .Ar,aud — fM J o ^ ^ — audio 
----rrrS: betdividunUycontroUedandaddedtogemer 
— (U " ^ ^rptduce one or more audio outputs suitable for 
0— * 6 ^ ' II mixers are used today in a variety of applications, 
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recording, enhancing, and presenting audio data Anvrf , . 

suck as loss or delay of data packet, Emission problems, 

audiomixer. m ^ reSUltin ^^need funetionatiry of the 

-d for a system and me U Z « " *" ««* * 

ftnetionatities of device! Z ti 

There exists yet . ^n^ f ^ ^ *** «* **■ 
tolerant sys ,eL T ' ^ ^ ° f « 

as well as genenc digita, data over any serial data Hnk. 

SUMMARY OF THE INVENTION 

The present invention is directed to „ „ 

system that includes a aeries of oaTT ! KSi ° n 

*» bits of audio or vid^f ' "* " *" " «— 

applied to different T ^ ^ ^ ° f ~ « 

cul beis °i bits xn each navloarf Tin,, 

associated with each pay,oad into high JZ ^Z^ 

*e high priority bits ha the pay,oad. The s~ , " «° 

^-oftheh.ghp.orityb.ts,^ 

^^^-of^Mghprio^b^rr^r^^ 

^^-„f tte ^^ bitemd J^>-^^and 

The present invention is also directed to a daf» h- ■ • 
that includes a transmit and a rec^T ^ 7™"" 
value associated with a data cloclc of the 7 4 ^ 

asynchronous link us part of I f ^ tt ™er over an 
video information - a!so includes audio or 

n. ine data clock is synchronously recreated ,*«,. 
only a system clock associated with the receiver anu tiTT 

xeceiver and the transmitted count value. 
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. . - ft ,: Tprte d to a data transmission and distribution 
Th e present invemron „ *o ***** ftom 

syst em that — a series o f P^^J^ audi0 or vid eo 

samples^*- 

an entire frame of the interleaved samples. 

- • ic« directed to a system for transmitting and 
- virleo information. The system mwuu. r 

isintt oducedinto memised signal as — the chanr 

In on e embodiment, ^ system includes a plumBty of con*o. «- 

separatedinlocationfto.nt.einput.outputand.naste^odutes. 

i. rfiment the system includes a digitally remote controlled 

u ^ ,«* the system includes a protocol that automatically 

to one embodiment, the system includes a one or more output module^ 
^imodulemmechaiuhasadenneddelaythatisnsedtomamuunarmal 

mix in a time aligned format. 

. , i- tr. n wstem for transmitting and 
Th P present invention is also directed to a system 
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based on one or more signais from the common se, of digits, chm J,, 

In one embodiment, eaeh receiver ean ontpn, one or more signs!* ton the 
eommon set of digital channels. 

master emb0diment ' ^ ^ * « «™ ™** 

m^ter andto gam control tha, automatical* adjnsts itself to keep an overall oulu, 

* g ..a. eve!. The system automafcally ^ fte 



BRIEF DESCRIPTION OF THE DRAWINGS 

system ^ ' * 3 ^ ^ ^ ~ ° f * - — - 

aystcm, tn accordance wuh the present invention. 

^^^^S—^owingadeMedrepresetttahonofarepayioad in 
accordance with the present invention. ' 

Figure 3 is a diagram showing a detailed representation of one 24-bi, samnle 
used tn the pay.oad, in accordance with the pmsen, invention. 

used ■ T" \ " " dia8ram deWled r ™ation of low priority bits 

usedtnthepayloatlinaocordancewiththep^ntinvenhon. 

Figure 5 is a block diagram showing a dam transmission and data dock 
-creation system, in accordance with the present invention. 

di trih !; i8Ure6iSadia8ramSh0 ™^— *o<anen,ofadam mixing and 
drsmbntton system, in accordance wim the ptesen, invention. 
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Figure 7 is a block diagram showing an expanded view of the transmitter m 
Fig. 6, in accordance with the present invention. 

Rgure 8 is a block diagr am showing an expanded vrew of the receiver in 
Fig. 6, in accordance with the present invention. 

Figure 9 is ablock diagram showing another embodiment of adata mixing 
md distribution system, in accordance with the present invenUon. 

Fignre 10 is ablook diagram showing an expanded view of me master 
modole in Fig. 9, in accordance with the present invention. 

Figure 11 is ablock diagram showing an expanded view of «he input module 
in Fig. 9, in accordance with the present invention. 

Fignre 12 is a block diagram showing an expanded view of the receiver in 
Fig. 9, in accordance with the present invention. 

Figure 13 is a block diagram showing an expanded view of the conttol 

surface in Fig. 9, in accordance with the present invention. 

Fignre 14 is a diagram showing ye. another embodiment of data mixing and 
distribution system, in accordance with the present mventton. 



DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

For purposes of the present invention, each of the terms se, form below shall 

he denned in acconianoe with the corresponding definitions set forth below: 

"Application-Specific Integrated Circuif • or "ASIC" shaU mean a microchip 

designed for aspecial application, such as a particular kind of transmission 

protocol. 

"Bit Clock" shall mean a dock signs! mat tracks the bits of audio data 
out of the A/D (analog to digital) or going into the D/A (digital to analog) 



coming 
converters 
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"Center Section" shall mean a section of data that contains the lower bits of 
the audio sample data. 

"Channel" shall mean a separate line of audio data, where each channel 
represents a stream of audio data. 

"Critical data" shall mean the data that cannot be lost without having to 
interpolate missing data on the receiver. 

"Cyclic Redundancy Check" or "CRC" shall mean a checksum that is 
calculated on a stream of data to provide a security check that the data arrived at the 
receiver without error. CRC-32 means that the checksum algorimm is calculated 
out to 32 bits. 

"Error Correction Code" or "ECC" shall mean appended data that is being 
read or transmitted to allow for error checking and correcting on the fly. See FEC 

"Ethernet L/R Count" or "ELR Count" shall mean the number of Ethernet 
clocks per payload (defined by a fixed number of L/R clocks), as counted on the 
transmitter and sent to the receiver. 

"Ethernet Clock" shall mean the clock signal that drives the data across the 
Ethernet. 

"Forward Error Correction" or "FEC" shall mean a method where data can 
be encoded with extra "check" bits prior to transmission. At the receiver, the check 
bits provide a way of not only detecting bit errors, but correcting them as well, 
avoiding retransmission (which would not be acceptable for audio or video 
streaming applications). See ECC. 

"Frame" shall mean a package of data that is recognized by the hardware 
interfacing with the outside world. Data sent using Ethernet drivers must be flamed 
following the Ethernet protocol. The application-specific data contained within the 
frame is independent of the Ethernet standard. 

"Idle" shall mean the time between frames that the line has no activity. 



7 



PCT/US03/00967 

WO 03/063465 

"Left/Right Clock" or "L/R Clock" shall mean the clock signal that tracks 
the start of each new sample. 

•Medmm Access Control" or "MAC" shall mean the layer of hardware tot 
resides ahove «he Physical Layer. At to layer, datapackets are encoded and 
decoded. 

-Master Clock" sha.1 mean the clock signal that drives Are A/D's and D/A's. 

"Payload" shall mean a collection of ftantes to. contains the encoded data 
that is sent over the CAT-5 wire. 

"Phased Lock Loop" or "PLL" shall mean a section of hardware that can he 
used to smooth ont ^regularities in a dock signal, snch as a fitter filter," or rt can 
he used as a frequency multiplier. 

"Physical Layer" or "PHY Luyer" or "PHY" shall mean the lowest 
^arelayerwheremedatameetsthewire. This layer conveys the hrtsfream, 
including eteohica! impulse, light or radio signal, tough the network at to 
electrical and mechanical level. 

"Preamble" shall mean a series of eight (8) specific bytes, dictated by the 
Ethernet standard and recognized by the hardware, tot indicate the start of a fiame. 

"Priority Section" shall mea* a section of data tot contains the higher bits 
of the audio or video sample da.. The data in to section is critical and warrtos 
the highest protection in the system. 

■■Redundant Section" shall mean a section of datathat contains a copy of the 
Priority Section. It is provided as a backup of the data in to even, tot some or aU 
of the data in the Priority Section is lost. 

"Sample" shall mean an item of data that represents voltage level of an 
analog voltage waveform at a given point in time. 

"Sample Rate" shall mean the number of samples of an analog signal that 
are taken per second to represent the event digitally. 
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System Overview 

In accordance with the present invention, a novel sysrenr and method for 
fac.hteting data transmission and distribution, and in par.icu.ar, transmission attd 
dtstnbution of audio data and/or video data, is provided. The system attd method of 
the present invention can be impiemented in a variety of system configurations 
mcluding without limitation, a multiplexer system that combines multiple signals 
mcludmg analog or digital or combination thereof, received from multiple input ' 
sources for transmission over a single line or medium. 

It should be noted that while much of the description herein regarding the 
systems and methods of me present invention pertains ,o date transmission and 
dtstnbution of audio data, the systems and methods, in accordance with the present 
mventton, are equally applicable to transmission and distiibutiou of video date and 
other generic data, including without limitation, control date 

One embodiment of me present invention relating to date transmission usim- 
date transmission system 100 is illustrated in Fig. 1. It should be noted tha, the ' 
configuration of date transmission system ,00 represents one embodiment that is 
used to carry ou, the inventive concepts of the present invention, and, us such, there 
are mntaple variations thereof within the scope and spirit of the present invention. 

As shown, system 100 includes transmitter 105 coupled to receiver 107 
Transmitter 105 receives date from one or more channels 110 and transmit it over 
Imk 120 to receiver ! 07. m accordance with the present invention, transmitter 105 
uses data packets to transmit data. As described be,ow, the data packets used in 
system 100 follow a data transmission protoco! ("DTP"), which provides efflcient 
data transmission while maintaining a high level of data integrity More 
specifically, upon receiving data from channels 110, transmitter 105 packetizes (or 
constructs) the received date into one or more packets using the DTP arrd transmits 
the packets to receiver 107 over link 120. Once received, the packets are de- 
packettzed into (or reassembled into) the data using the DTP at receiver 1 07. 

It should be noted that, as described below, the DTP allows data 
transmission over a serial date link. System 100, therefore, includes link 120 
compnstng Categoty-5 (or Cat-5) cable, along with standard Ethernet ,00Mbit 
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PHY hardware. This configuration of link 120 comprising Cat-5 cable and the 
standard Ethernet 100Mbit PHY hardware allows a 100 Mb serial data transmission 
rate between transmitter 105 and receiver 107. Furthermore, the configuration 
allows over 48 channels (i.e., audio channels) 1 10 to fit onto transmitter 105. 

In accordance with the present invention, link 120 may comprise other 
types of communication medium, including without limitation, CAT-5 10-baseT, 
CAT-5 100-baseT, 1 gigabit Ethernet, 100 gigabit Ethernet, other versions of 
Ethernet, infra-red, RF, wired, wireless, optical, or laser link. 

Data Transmission Pr otocol (DTP) 

As mentioned above, using the DTP, transmitter 105 receives data from one 
or more input channels 1 1 0, packetizes the data, and transmits the packetized data 
to receiver 107. It should be noted that, in accordance with the present invention, 
the DTP has bi-directional capability and supports transmission and distribution of 
multiple types of data, such as audio data, video data, and other generic data, 
including control data. Some examples of data protocols supported are Musical 
Instrument Digital Interface (MIDI), USITT DMX512/1990 (DMX), mouse, 
keyboard, and proprietary system control data. In one aspect, the DTP is a protocol 
for multiplexing many channels of data - i.e., the DTP is used to receive data from 
multiple sources, packetize the data, transmit the packetized data over a serial data 
link, and de-packetize and reconstruct the source data. 

In accordance with the present invention, as described further below, the 
DTP provides, among other things, a variable bit protection scheme, error detection 
and correction scheme, and data smoothing technique scheme. These schemes 
provided by the DTP facilitate efficient and effective data transmission and 
distribution while maintaining data integrity. In particular, the DTP allows a 
scalable data transmission and distribution (e.g., the number of data channels and 
the quality of data channels can be scaled) to suit a particular system configuration 
having a particular transmission fink bandwidth. 

It should be noted that a data packet, which follows the DTP, in accordance 
with the present invention, includes the payload that can be configured to best suit 

10 



WO 03/063465 

PCT/US03/00967 

the given configuration of a given data transmission and/or distribution system 
More specifically, the DTP provides, among other things, a payload structure that 
yields less delay time, more channels, and a higher sample rate, all of which may be 
required to suit the need of the given system configuration. In particular the 
payload structure of the DTP is designed to withstand a noise burst, which can 
destroy over half of the payload, without having to interpolate a missed sample. 

Fig. 2 shows the structure of payload 200 included in a data packet that 
follows the DTP to transmit data over a serial data lint Note that the embodiment 
of payload 200 as shown in Fig. 2 relates to receiving, packetizing, transmitting 
and mstributing 48 input channels of 24-bit audio data over Category-5 cable using 
standard Ethernet 100Mbit PHY hardware. This configuration results in a 100Mb 
serial data transmission rate. 

It should be noted that the embodiment of payload 200 as shown in Fig 2 
represents one embodiment that is used to carry out the inventive concepts of the 
present invention, and, as such, there are multiple variations thereof within the 
scope and spirit of the present invention. For instance, while much of the 
description herein relates to transmission and/or distribution of audio data bits using 
payload 200, it should be noted that payload 200 is equally applicable to other types 
of data, such as video data and other generic data including control data 
Furthennore, the DTP provides for, as noted, adjusting of channel count, channel 
quality, and channel type (audio data, video data, and/or control data), based on the 
available link bandwidth and desired system robustness (error immunity) for a 
given system's architecture and purpose. Accordingly, in other embodiments 
payload 200 is used to receive more than (or alternatively, less than) 48 channels of 



data. 



Hi accordance with the present invention, payload 200 is designed to provide 
varying levels of protection on different sets of bits in payload 200. As described 
below, by "bit-splitting" audio data into several sets of varying priorities, the most 
important bits can be protected with an FEC algorithm and redundancy the 
moderately important bits protected with redundancy alone, and the least important 
bits protected by that what is inherent within the transmission medium's physical 
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layer. Using this variable bit protection scheme, payload 200 facihtates a robust 
data transmission and distribution within the time allotted while maintaining data 
integrity. 

As shown in Fig. 2, payload 200 comprises three sections: priority section 
210, center section 220, and redundant section 230. Redundant section 230 is an 
exact copy of priority section 210. The priority section 210 contains all of the 
critical data of payload 200. As noted, the "critical data" is the data that cannot be 
lost without having to interpolate missing data on the receiver. The ELR count, 
which is used to generate the L/R Clock on a receiver, for example, is contained in 
priority section 210. 

Priority section 210 comprises twenty frames 240 (i.e., Frame Nos. 1-20). 
Note that each frame 240 in priority section 210 includes preamble 250, audio data 
252, reserved data 254, and CRC-32 checksum 256. Also note that, for the 
purposes of completeness, idle time 258 is included at the end of each frame 240. 

Audio data 252 includes, as described below, high priority bits of data 
required to deliver proper audio information. Preamble 250 comprises 8 bytes of 
preamble data that are defined by the Ethernet standard. The preamble data 
includes a sequence of bytes that the PHY Layer needs to see in order to recognize 
the start of frame 240. At the end of frame 240, the line must go idle for 960ns, a 
period of time which is equivalent to 12 bytes. This period allows the PHY Layer 
to reset and begin searching for the next preamble. 

Note that a 32-bit CRC value is included in CRC-32 checksum 256 of each 
frame 240. The 32 bit CRC serves as a first line of protection against data 
transmission errors. If the CRC for frame 240 is good, for instance, it is assumed 
that frame 240 is valid and no further error detection or data recovery needs to 
occur. 

As noted, the DTP is a protocol for handling multiple channels of incoming 
data. Reserved data 254 includes a reserved space for accommodating additional or 
future data. In one embodiment, the ELR count resides in reserved data 254. In 
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another embodiment, MIDI fries use reserved data 254 during data transmission 
and/or distribution. 

As noted, redundant section 230 of payload 200 contains an exaot copy of 
the frames that appear in priority section 2!0. Thus, redundant section 230 
comprises twenty &am es 240- (i.e., Frame No, 23-42). Like that of priority section 
210, each fame 240' in redundant section 230 includes preamble 250', audio data 
252', reserved data 254', CRC-32 checksum 256', and idle time 258'. 

It should be noted (ha,, in accordance with the present invention, including a 
dnphcate copy of priority section 210 in pay.oad 200 prevides a protection against 
two types of common errors: a burnt etrer ma, can wipe on. the entire set of frames 
m pnomy section 210 and a single bit errer inpreamble 250 that could cause a 
frame 240 to be dropped by the PHY Layer. These types of data transmission 
errors can be greatly minimized by including redundant section 240' in addition to 
pnonty section 240 in payjoad 200. For instance, after receiving packetized data 
receiver 107 has several options if an ereor is detected. The first approach for error 
detection and recovoy would be, as noted, to check the CRC (i.e., 32-bit CRC 
checksum 256) of priority frames 240. If me CRC is good, the priority frame 240 

can be used. On the other hand if the cur « +u 

na? 11 me CRC 1S bad > the respective redundant frame 
240 can be checked. If the redundant rvr *i 

aUn(lant CRC 18 good, the respective redundant frame 

240 can be used. 

As shown in Fig. 2, payload 200 Anther comprises center section 220 
winch includes two (2) frames (i.e., Fmme Nos. 2, and 22). Like that of priority 
seotton 210 and redundant section 230, each frame 240" in center section 220 
mcludes preamble 250", audio data 252", reserved data 254", CRC-32 checksum 
256 \ and idle time 258". 

A method of bit-splitting sample data into multiple sections in payload 200 
m accordance with me present invention, is described herein. As noted, while the ' 
embodiment of payload 200 shown in Fig. 2 relates ,o 4 8 -channels of input, the 
■hscnssion that follows herein uses Lchannel forpmposes of simplicity. Similarly 
tt should be noted that a tota. of ,00 samples are used in the embodiment of payload 
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200 shown in Fig. 2. Thus, each frame 240 of priority section 210 includes five 
samples, resulting in the total of 100 samples per priority section 210 (or five 
samples per frame times twenty frames). Likewise, the same number of samples 
exist in redundant section 230 since it is an exact copy of priority section 210. In 
accordance with the present invention, it should be noted that the number of 
samples per payload 200 could be modified. That is, the number of samples could 
be changed to another figure - e.g., 96 samples per payload 200. If 96 samples are 
used, for instance, priority section 210 would include 16 frames with 6 samples per 
frame 240. 

As noted, each sample comprises 24-bit data. For bit-splitting purposes, 
each 24-bit sample is designated as having 1 1 bits of high priority data required to 
deliver proper audio information (to a receiver or other receiving unit) and 13 low 
priority data that adds dynamic range and definition. From the eleven bits in the 
high priority data, 9 bits are considered critical. Accordingly, these twenty-four bits 
can be divided into three sets of varying audio priorities - i.e., a first set having bits 
1-9 that are high priority and critical, a second set having bits 10-1 1 that are high 
priority but non-critical, and a third set having bits 12-24 that are not high priority. 
These 24 bits can be treated differently based on the significance attached to each 
set of bits. 

Fig. 3 is a detailed representation of one 24-bit sample data 310. In 
particular, Fig. 3 illustrates a scheme of splitting bits of sample data 310 into 
multiple sets of priorities. As shown, from 24-bit sample data 310, the first eleven 
bits are designated as high priority bits 312. Further, from the bits in high priority 
bits 312, the first nine bits are designated as critical bits 3 14 and the remaining two 
bits are designated as high priority, non-critical bits 316. The remaining 13 bits in 
sample data 310 (i.e., bits 12-24) are designated as low priority bits 320. 

From each twenty-four bit sample, only the bits in high priority bits 3 12 
(i.e., bits 1- 11) are placed in priority section 210. The remaining bits of sample 
data 310 (i.e., the bits 12-24 in low priority bits 320) are placed in center section 
220. It should be noted that the bits in high priority bits 3 12, by being placed in 
priority section 210, are transmitted twice - once in priority section 210 and then 
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again in redundant section 230 Note tw * *. , 

p~ ( ,e„ by eAcoding wittl FEC al ori ; *; b '^ h - 9) - — <*» 

Priority bits 312 fie the hi, • „■ u g ° n,hm) - Th «<™>auung bits from high 

the brte » bagh priority, non-critical bits 3, 6) are not encoded 

Fig. 4 shows a detaxted representation of how low priority bits 390 f . 

sample are sample-split into Frames Nos 21 and 9, • ^ 

xoaiic^ inos. zi and 22 m center sertfrm 99n a 

shown, aeloW pri„n ty bi,s 3 20 from samples ,-50are Dl ace d T ^' 
cen te r section 220. SilmJarIy , ^ low J ^™ » "™ ^ « of 

placed inFrameNo. 22 of center section 220 T I ^ ™ 
(».e., Frames 21 and 221 ' . Accordrngly, each of the two frames 

, frames 21 and 22) m center section 220 contains the libit. «■, 
bite 320 for 50 samples. ° f l0W pnolit y 

■»"— w. - Z. t ITT * 

256, and twelve bytes of time in idle time 2SS . Msn , C32checls « m 
contain bytes in reserved da »a254.. ' ' 24 °* my ako 

In addition, each fiame ?4n ? > 
preamble250" foLrb^T. ^^'"'^^^^sin 
, four bytes of checksum in CRC-32 checks™ 256", fwe,ve bytes 
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• , ,S8» and thirty-nine hundred bytes (3900) (or 13 bits of low 

priority audio data are placed in audio data 252 . 

* accordance with the present invention, it shou,d be noted that, one of the 
maC , . data bits 320 in center section 220 is 

advantages achieved by placing lower pnonty ^ 

to provide a iength of time between pnonty sechon 2 10-d* J 

redundant section 230. Center secdon 220 serves - huff„ » Pr 

* hi ffh triority data bits ol2. unaer uuo 

feetweenthetwocop.esofthehrghpno y ^ m 

b t"X— :ln230aswena S cen,er S ecdon220and Sti Up r ovide 
, ^ H^t, e ction230contaiiiingliighpnontydatabits312 

section 210 and redundant section 230. 

* A further splitting center section 220 into two 
^^^r^oLlrbwstcauantgn.^paylo- 
frQT11K (\ e Frames 21 and 22), me rib*. u± <** 

T Ubitresolunonrsrnininnsed. While any error to center sectton 220 
t0 drop to 11-brt resoluuo ^ ^ ^ ^ fc lms „ 

resul , si nalo S sofdynam.c S from24,o . fc 

the error burst was limited to ^ ^ould be^toted that the bits in low 

«. configuraUon (e.g sphhurg I* ^ ^ ^ ^ 

loss of resolution would go to 11 brtstorme 

of the channels (i.e., 24 channels) would be affected. 

» H on the foregoing, it should be apparent mat there are several reasons 
Basedon^fbregon^ a ^ tato muW ple actions. 

Apriority sectton « fcr(herbelow , drebits in 

minimizing data transtmssron errors. Second, ^ 
critical data bits 314 (i.e., the first 9 btts m hrgh pnonty bits 312) 
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w.«h a forward error correction scheme that ^ ^ 

" TOt «™» Pon receiving data. Furthemore ™ " ° ? ° d - 
accordance with the »»„,■ . descnbed below, in 

-mples are lost upon a W of " ' Wierebyn ° ' W ° — » «™ 

algorithm. Being the most™* , °f each sample are encoded with an FEC 
perform the encoding Forth,, ° 1 8 b,ts ° fraw <taa are required to 

-^ontpntltr/^^-^^wima 
al gorit hm will detect „ p , o2Wt J^^TT^ ^ 
^^^--"Biterrorw^the^*, KWmbeaWe 

invention, and that there are^T " - " C ™* 

c» he easi,, ^ ~ *» 

Payload200,fore^r 7 yStemC0,lfi£Ura,i0n - neSke0f 
P-ctionofthedata. ^^^^r*'--*^-- 
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Datajnt^leaving 

a ted aemethodofincludingmultlplesamplestopayloadaOO 

interleaving the samples, no two ,, ata transmission. This is so since, 

^o frame of tire interleaved samples dunng date — 

ft. system and method of interleaving data samples nsmg the DTP 

If „ error bnrst takes on. one frame 240 of data in priority section 210, a 
r Tame -400 of mis frame 240 is available in redundant section 2,0 

!ong enongh «o corrupt the entire prtonty secnon .1 

destroyed one name 240' within redundant section 230 then me en. 

^es across aU 4S channels in me frame 240 womd be lost, 

Normally, losing 5 samples within an audio da* stieam won* be 
h However by interleaving the samples across the entire pnorny 
TtT.ZT oLbelostinits entirety and the worst that can happen rs 

^ 5 places on each channe! within me 2mS audio data stream 
that there would be 5 places 011 ca 
where a single sample would need to be interpolated. 

— — ' "* — Z1Z — Lveaumoaamp.es 
accurately reconstructed with interpolation. 
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5 (A " E >- « 20 ta. in tte priority Z 

Samples are numbered 1-100. 

TABLE 1 
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m senera! and in accordance with the present invention, the exemplary 

established using the following algonthm. For a grven pay 
priority section and y samples per ftame: 

SAMPLES_PER_FRAME = y; 

FRAMES _PBR_SECTION - x; 

PRAME.SAMPLE.BIAS - INT(SAMPLES_PER_FRAME / 2); 
At initial startup, variables are initialized as follows: 

Frame = 0; 
Frame_Sample = 0; 

Dest_Erame_Start = S AMPEES_PER_FRAME — 
PRAME_SAMPLE_BIAS; 

Dest_Sample = Dest_Frame_Start; 

Note that a buffer exists, Dest.Buffer, which is pointed to by 
D est Buffer. SAMP^SfZE is ^^^^ 
easing tire iocation of tire new sample in the ' 
the number of memory .ocations reared ,o represent ^ J 8 
^ as each sampie is being loaded in the prionty secbon of the paytoa 

CateuiatedestinationbufferpomterbasedonDestinationSampie 

number*/ 

D e S ,_Buffer,P tt -Des,_Buffer_S.art + (( D est_Samp.e- 

1)*SAMPLE_SIZE) _ 

1 ^^destination buffer at the location pointed 
Copy the incoming sample to the destination 

to by DestJBufferJPtr. 

/* Calculate Next Destination Sample Number */ 

Frame = Frame + 1 

If (Frame < FRAMES_PER_SECTION) 

If (Frame_Sample < (SAMPLES JPER_FRAME - 1) 
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Frame_Sample = Frame_Sample + 1 

Dest_Sample = Dest_Sample + FRAMES_PER_SECTION 

Else 

/* Calculate new Dest_Frame_Start */ 

Dest_Fram e _Start = Dest_Frame_Start - 
FRAME_SAMPLE_BIAS 

If (Dest_Franie_Start <= 0) 

Dest_Frame_Start = D est _Frame_Start + 
SAMPLES_PER_FRAME 

Endif 

Dest_Sample = DestJFrame_Start 

Endif 

Else I* Las, frame in transmission, payload complete m/ 

Frame = 0 
Frame__Sample = 0 

Dest_Frame_Start = SAMPLES__PER_FRAME - 
FRAME_SAMPLE_BIAS 

Dest_Sample = Dest_Frame_Start 

Endif 

^ Using ,he sampie interieavmg a lg orimm Unrated above, the risk of losing 

that the aigornhnr described above inustra.es „ exemplaiy ^ ^ 

mere are moiop.e variations of aigonmnrs « can be nsen with tne p^sen 
mvenhon and wiflnn the scope and spirit of me present invention. For instance i, 
shon d be noted tha, whiie rbe system and method of sam pI e interring iZl 

^^*ownabove, retotottes ^ lKtoWsKtioa2io ™« 
*mndan, seenon 230, me s ystan and method of smipl e interring, in 

accordance wrm me present invennon, are e q naU y appHcaMe ,o the Ipies in 
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center section 220. That is, the system and method of the present invention canbe 
nsed to interleave not only the high priority bits in priority section 210 (and 
redundant section 230), bnt also the low priority bits in center section 220. 

Data Clock "Recreation 

In accordance with the present invention, a system and method is provided 
for transmitting data over an asynchronons link that provides a synchronous 
recreation of the transmitter's data clock at a receiver. In one aspect, the system 
and method of the present invention can he nsed to recreate (or regenerate) the 
transmitter's data clock in the recetver with nothing more man the Ethernet clock 
(or any system clock - i.e., a transmission dock - that is recovered by the recover 
for a non-Ethernet system). 

Fi« 5 shows data transmission and data clock recreation system 500, in 
accordance with the present invention. As shown, transmitter 510 is conpled to 
receiver 550 over link 505. In accordance with one aspect of the present inventxon, 
link 505 comprises any asynchronous link, including without limitation, a 
transformer, optical, or RF isolated data connection. 

It should be noted that the embodiment of system 500 of Fig. 5 represents 
one embodiment that is used to carry out the inventive concepts of the present 
invention, and, as such, there are multiple variations thereof within the scope and 
spirit of the present invention. For instance, while much of the description herem 
relates to transmitting and recreating an audio data clock, system 500 of the present 
invention can be used to transmit and recreate a video clock. 

As shown, transmitter 510 comprises, among other things, count generator 
520 data packetizer 530, and Ethernet PHY 540. Count generator 520 receives 
signals from audio data clock 512 and Ethernet clock 514 and generates count 
values 522. Note that Ethernet clock 5 14 drives Ethernet PHY 540 axrd that audro 
data clock 512 drives A/D's (not shown here). It should be noted that audio data 
clock 512 and Ethernet clock 514 are asynchronous. 
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going mto taaomtter510. Audio data clock 51 9 ™ 
any clock, including without Nation, a L/R clock b t c I k 
is associated with the data (ie „■ 1 ^ ^ Cl ° ck > OT ™*« clock, that 

^own.Pig 5 aud>odata ^ ^ of system 500 

8 ' mdW data clocI < comprises the L/R clock. 

To generate count vainer sio ~ 
specificaHy, count generator 520 , ! *" "* "* ** *> ck More 

accordance with the nre^f i *■ d be n ° ted that > in 

itn me present invention, re-clocked audio data cionk 570- „ 
synchronous with Ethernet clock 514 w ■ " edge " 

frequencyastheorioi , Z Mm ° aS ^nous 

4ucncy as toe ongmal audio data clock 51 9 Tn „«, 

data clock 5 7 9 reDre<;pnt „ ^ to 0ther words > re-clocked audio 

As shown, data packetizer 530 receives the count value 5^2 al„„ „ 

-o^^epa^nowelZr ^ " 
generate the L/R Clock fnrtr ♦ , WlU be Used to 

Upon receiving the packetized dat* « k 

Ethernet c to 5 S2 to the pL^dT^T" ^ " 

a aata 535. In other.words, Ethernet clock 514 
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i i km frm-n receiver 550 are synchronized 
from transmitter 510 and Ethernet clock 562 from receiv 

mi ,ocked with one another. Upon sync—on, recover 

. i PHY receiver 555 and recovery unit 560, recovers and transmits the 

includes PHY receiver de . pac ketta* 565. After recetvmg 

count value 522, generic data 524, and audio data 526. 

Thereafter data de-packetiser 565 sends the count value 522 to audio data 
570 which as shown, uses the count vahie 522 and Emernet Cock 
d ock generator 570, wh, A « ^ ^ ^ ^ „ 

562 (from recovery unit 560) to create mc 

, • ^ with the recovered Ethernet clock 562, and, as sucn, y 

data clock 572 and removes the jitter. That 
PLL circuit 580 ^-^^ 580 provides jitter free data 
is , .sing re-clocked audio data clock 572, PLL encu P^ ^ 
dock5 8 2andamgherfre,uencyma S .erclock584. Byusmg. J 

. i„v«A all other data timing signals can be 
data clock 582 and master clock 584, all ome , ook582cmb eusedto 
educed, momerwords.mejifterfteeaudtodata look582 anb 

create master dock 584 for driving D/A's (not shown) m recover 550. B . 
^chronous with the audio data 526 transmuted from data de-packetizer 

As noted, while much of the description herein relates to ftansmitung and 
recreating audio data clock, system 500 of the present invention canbe used 

present invention and are wintin the scope and spirt, of the present 
PersoaaUvfixinSJutdD^^ 

^ ^ chows one embodiment of 
^ accordance with the present mvention, Fig. 6 shows 

- Ann that can be used to transmit and 

personal mixing and distribution system 600 that can 
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*s<rib«te data over muhip,, receiyers. It should be noted ^ 
"~ one embodiment that u used to cany 0M ^ ^ J ™ 
P-en< , tion, md> as ^ ^ ^ muitipfe vanaaons tf*. 

receivers 650, the number of receivers 650 can he i„ ^ - 

invention, easily increased or de, , 7 " ^ 

, ^increased or decreased depending on the system configuration 

L^se, ^number ofinput channels 6l0 can be easily increased or d^2 
depending on the system configuration. decreased 

Thepaoket 12 edda t a lstt a I1 a niiH edtorece i ver S 650over lillk 620. r, shouldbe 
noted that while the embodiment of system 600 „« . ■ ^ " SBouIdbe 
DTP system «tn ■ ' 10 ™ m Kg - 6 > foll °™s Me 

DTP, system 600, m accordance with the present myennon, can fo„ow other 

protocols, tncluding without limitation, iraditional Ethernet 

* ~— » «*> «- P-en. inyendon, link 620 comprises a high speed 
senal data transmission Jinlr t»,» speed, 

include r t ™ Theembodlmentof ^m600,asshowninFig 6 

includes hnk 620 comprising Cateeorv s n«M ■ 

S ^ategory-5 cable m conjunction with standi 
Ethernet 100Mbit PHY hardw^ tu- <■ standard 

ti-WY hardware. This configuration provides a 100Mb serial data 

.—urate. Should be noted that, however, in accordai.ee wi^ 
1000Mbit form, IR, Wireless (e.g., 802,1 1 link), or laser. 

It should be noted that, in system 600, transmitter 605 is connected to a 
group of receivers 650 via Kni- tan ■ j • wnnectea to a 

below usm gm eD T r ^ aiaC ° nfig,ffa ' iOT - 

ow, usm S the DTP m a datsy-chained configurati on , ^ receiver 

P-de dynamic and indent scahng hrnchons to its oulpnt 

~, eaeh receiyer 650 ean monitor the error counts in real-ume as it recces 
data. More specifically receive x<n ■ receives 
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dynamically scale the payload to provide the best payload format to aehieve the 
desired results in the given envtronment. Alternatively or additionally, receivers 
650 may simply feed baek the raw error eonnt information, leaving the analysts atrd 
snbseqnent scaling decision algorithm to transmitter 605. 

In accordance with the present invention, as long as transmitter 605 provides 
a fonnat identifier with the packet, receivers 650 can be grouped so that one 
receiver 650 can receive a specific set of channels 610 a. one quality level, whale 
another receiver 650 gets another quality .evel of audio data over a different se, of 
channels 610. With this flexibility, system 600 can be adapted to a vanety of 
environments andta applications. For instance, in accordance with the present 
invention, each receiver 650 can craft a unique mix of audio data that does not 
affect the mix of the other receivers 650 and can be controlled by separate users. 

In particular, under the configuration of system 600, each receiver 650 can 
read the data transmitted from transmitter 605 and men immediately pas, the data to 
additional receivers 650. In other words, mis configuration allows each recover 
650 to "tap" off the packetized data transmitted from transmitter 605 (or from outer 
receivers 650) and read the specific channels 61 0 as desired. Also, two or more 
receivers 650 can receive the data emission and de-packetise (or reconstruct) 
,he data simultaneously. Thereafter, each receiver 650 can mix fire data to sut. the 
respective local listening environment serviced by one or more output channels 695. 
Alternatively or additionally, in one embodiment, each receiver 650 cat, tap 
conunon set of digital channels generated by transmitter 605 and, thereafter, each 
receiver 650 can output one or more signals from the common set of dtgttal 
channels. 

It should be noted that, in accordance with the present invention, system 600 
allows each receiver 650 to employ a standard analog master gain control. 
Alternatively or additionally, system 600 allows each receiver 650 to employ output 
circuit 677, which, in one embodiment, comprises a digitally controlled analog 
master audio gain control that can be used to provide an auto-gam adjustment 
system This means that, each receiver 650 can provide intelligent functtonaltttes. 
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For instance, at each receiver 

leased to mepoiat of „ ea ^ " * e ^ ° f a 'We, 6!0 is 

point of near clipping, ,] lat channel 610 can r rr 

while other remaining channeis 610 are reduced in v 

channels 695) perceives «Wh 1116 US6r (at ° ut P ut 

6 maste i audio gam control 677 
Si other words, system 600 allows each receiver tint . • 
itself to keep an overall onto,,, , automatically adjust 

volume is JL 1^ V ° ,Ume " Wta » *>*ifa, channel 610's 

maximum digital level thus allowing greater dv™ • 

mix. g ^ t6r dynmnic ran g e ^ntrol of the digital 

ormotechannej ^ ^ ^ ^ °^ 

converters 612 Th thereafter, the data is digitized using one or more A/D 

vert ^ ^ iS *> Emitter as IC 6 , K 

senalbus614 Ii, fl ,, nr „„ «"wmuer AMC 616 over a 

« -d c^xssl'z b - 614 — 

'™»™op«ona^^^^ 

626 can also drive transmitter ASIC 616. ™ *" ^ 

to transmitter I 7^ ^ ^ ** ^ ** «- 

er Able 616 interfaces to transmitter Ethernet PHV «o «, 

invention, transmitter connector 634c ^ *° f ™" 1 

9'0-Pplying power to hansmitter 605. W ' power suppiy circuit 
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In accordance with the present invention, Fig. 8 shows an expanded view of 

a receiver- 650 shown in Fig. 6. As shown, the data enters receiver 650 though 

receiver connector 652. Like transmitter connector 634, receiver connector 6 - 

- n R.T 45 Categoty-5 approved corrector. Note that transmitter Ethernet 
comprises an RJ-4t> category 

PHY 654 interfaces with receiver ASIC 660 throngh a standard Ethernet MH 
interface 630. 

I, shonld be noted that, in accordance with the present invention, the 
transmission (of data) is immediately repeated, with virtually no delay, to 
^anamitterEthemetPHYeSZandtotransmittercomrectorea*. Therepeated 

transmission is destined to additional receivers 650. 

to any event and in accordance with dre present invention, after receiving 
the transmission, receiver ASIC 660 de-packetizes (or reconstmcts) the data 
During mis time, receiver ASK. 660 performs an error detection and 
(EDAC) process, following the DTP. Following the EDAC process, receiver ASIC 
660 presents individual I2S andio signals 662, serial data 664, and word clock 
outputs 668. 

I, shouldhe noted that in the embodiment of receiver 650, as shown in Kg. 
S, receiver ASIC 660 performs digital mixing of forty-eight andio channels with 
mixer 670. Thereafter, receiver ASIC 660 presents a single I2S ontpnt 672 to a 
stereo D/A converter 675 and the optional digitally comroUed analog master andto 
XontrolMonfpntcncmt 677. AsnotCthe final o«*uHs — d to one or 
more output channels 695. 

„ sho „ld also be noted that, in one embodiment, mixer 670 is large enough 
to accommodate more audio chattels (i.e., up to the number of channels in the 
inp u, stream). As shown further inEig. 8, in accordance wiftr the prt*ent mv^tton, 
r :Lr65cLudes microprocessor 680, volumerolary encoder 682, pan rotary 
encoder 684, buttons 686, and LEDs 688. Receiver 650 also includes a power 
supply circuit 910 supplying power to receiver 650, 
psta Distribution and Mining System 

to accordance with the present invention, a novel system and method of 
nsing the DTP ,o ttansmtt and distribute audio or video data over a network havmg 
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Fig. 9 illustrates data distribiifirm • • 

to amon 2 other *• • bUtl ° n muan S svsfe ™ 900 that uses the DTP 

such the T ^^^—Pt-fthe present invention, and as 

such, there are multiple variations thereof within the scon. n ^ •• 

invention. ° P€ ^ spint of the P^ent 

from a central location Th„ * such, all control is performed 

X ° n - Therefo re, input signals are carried from their ori™ ♦ * 

Mocks over a J^Tl ' "* ^ 

surfaces JZ^Z T " ' ^ ^ ""**« » 
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Ethernet, 100 gigabit Ethernet, other versions of Ethernet, infra-red, RF, wired, 
wireless, optical, or laser link. 

In accordance with the present invention, the functions of master module 
905, which acts as a mixer, can be controlled remotely by primary control surface 
915 and/or secondary control surface 915'. Alternatively or additionally, the 
functions can be controlled wirelessly by wireless control surface 915". Note that 
primary control surface 915, secondary control surface 915', and wireless control 
surface915" are sometimes collectively referred to as control surfaces 915. The 
link between master module 905 and control surfaces 915 can provide audio as well 
as control data, thereby allowing remote effects units to be local to control surfaces 
915. It should be noted that, in accordance with the present invention, different 
control surfaces 915, 915', and 915" can use different transmission media, with 
different bandwidth to connect to master module 905. It should also benoted that 
any number of the control surfaces 915 can be added to master module 905. 

As described in more detail below, in accordance with the present invention, 
master module 905 gathers all of the control information from control surfaces 915. 
Thereafter, master module 905 initiates the mixing process by adding any input 
signals created in master module 905 to mix busses dictated by the control data 
gathered from control surfaces 915. 

A detailed illustration ofmaster module 905 of system 900, distributing and 
mixing audio data is shown in Fig. 10. It should be noted that the embodiment of 
master module 905, as shown, is an exemplary embodiment, and, as such, there are 
multiple variations thereof within the scope and spirit of the present invention. For 
instance, while the discussion herein relates to audio data, master module 905 can 
be used to distribute and mix other types of data, including without Umitation, video 
data. 

As noted, master module 905 gathers all of the control information from 
control surfaces 915. Accordingly, as shown in Fig. 10, master module 905 gathers 
the control data (and audio data if necessary) from control surfaces 915 vra inputs 
907. As shown, inputs 907 are communicatively coupled to connectors 924. 
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Multiple inputs 907 are provided to support simultaneous connections to control 
surfaces 915. 

Once received, the data are sent to data de-packetizers 91 1, which de- 
packetize and separate the control data and audio data. The control data are merged 
incontroldatamerger913. In accordance with the present invention, data de- 
packetizers 91 1 may also drive D/A circuits 9 14 to provide additional analog 
outputs without using busses on asynchronous serial data link 920. The output from 
D/A circuits 914 is provided to local audio outputs 917. 

Note that master module 905 starts the mixing process by mixing any local 
input signals 91 6 to master module 905 and any audio data from control surfaces 
915 that is destined to mix busses, in digital audio mixing block 918. Also note 
that, in one embodiment, input circuit 919 comprises a digitally remote controlled 
microphone preamp. In accordance with the present invention, (he digitally remote 
controlled microphone preamp can be controlled remotely from any one of control 
surfaces 915, 915', 915" such that control data is sent from any one of control 
surfaces 915, 915% 915" to adjust the microphone preamp's gain at master module 
905. 

In any event and in accordance with the present invention, note that digital 
audio mixing block 918 also provides equalization (EQ) and effects. Thereafter 
master module 905 takes this mixed audio and control information and packetizes 
them in data packetizer 922 for transmission (over link 920) via output driver 
circuit 923. It should be noted that link 920 carries actual mixing bus information 
as well as control data through system 900. In one embodiment, output driver 
circuit 923 is communicatively coupled to connector 924, which couples to the first 
input module 930 in system 900. 

Referring again to Fig. 9, note that the output from data packetizer 922 of 
master module 905 is connected to the first input module 930. As shown, the first 
input module 930 is also designated as input module 930'. Using the daisy-chained 
topology, the output from data packetizer 922 is conveyed to other input modules 
930 in the chain until it reaches the last input module 930, which is also designated 
as input module 93 0 " . 
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Last input module 930" then sends the data to master module 905 over link 
920 via data input circuit 925. As shown, data input circuit 925 is communicatively 
coupled to connector 924. The data is then split and sent to output circuit 926 
communicatively coupled to receivers 950 and/or control surfaces 915. The other 
part of the split data is sent to de-packetizer 927, which splits the data into audio 
data and control data and drives digital audio mixing block 928. It should be noted 
that, in accordance with the present invention, the data is split to make local audio 
outputs 917 on master module 905. Accordingly, digital audio mixing block 928 
mixes, adds EQ and effects, and drives D/A 929 to provide analog audio outputs to 
local audio outputs 917. 

It should be noted, in accordance with the present invention, connectors 924 
comprise any link, including without limitation, a transformer, optical, or RF 
isolated data connection. 

Recall that the output from data packetizer 922 (in master module 905) is 
sent over link 920 to first input module 930'. This data is conveyed to all input 
modules 930 and eventually reaches last input module 930". Last input module 
930" then conveys the data back to master module 905 at data input circuit 925. 

Fig. 1 1 shows a detailed illustration of input module 930, of system 900, 
distributing and mixing audio data, in accordance with the present invention. It 
should be noted that a control bus independently addresses each of input modules 
930 in system 900. The control bus, in accordance with the present invention, 
includes information for varying a gain, frequency, or effects associated with an 
input channel, output bus, or a mix. 

Further, each input module 930 processes its own input signals. Some of 
the processes that input module 930 performs include, without limitation, an A/D 
conversion, equalization, effects, and time alignment delay. After processing, input 
module 930 adds the signals to the busses carried on data link 920. 

As shown in Fig. 11, input data enters input module 930 via connector 924 
at module receiver 932. It should be noted that input data is coming from either 
master module 905 or preceding input module 930. Data is then de-packetized by 
data de-packetizer 934 where data is split into mix bus audio data 941 and control 



32 



WO 03/063465 

PCT/US03/00967 

data 942. It should be noted that local audio signals 935 enter input module 930 at 
input circuit 93 6 and are digitized. 

Note that, in one embodiment, input circuit 936 comprises a digitally remote 
controlled microphone preamp. In accordance with the present invention, the 
digitally remote controlled microphone preamp can be controlled remotely from 
any one of control surfaces 915, 915% 915" such that control data is sent from any 
one of control surfaces 915, 915% 915" to adjust the microphone preamp's gain at 
input module 930. 

In any event and in accordance with the present invention, the digitized 
local audio signals 935 are delayed by the necessary sample amount in sample 
buffer/delay generator 938. Note that the amount of delay is determined by the 
position of input module 930 in the input module loop (i.e., daisy-chain), as shown 
in Fig. 9. This is done to time align the mixed audio output with sample level 
accuracy. That is, because mix busses are built in time, a specific delay is 
associated with each input module 930. In other words, each input module 930 has 
a defined delay that is used to maintain a final mix in a time aligned format. 

For instance, in one embodiment of system 900 that comprises six input 
modules 930 where each input module 930 takes one audio sample period to 
process its input signals onto the mix busses, first input module 930' would mix 
onto the busses its current sample, the second input module 930 would mix onto the 
busses one sample previous to its current sample (from memory), the next input 
module would mix onto the busses two samples previous to its current sample 
(from memory), and so on, until last input module 930" (i.e., sixth) would mix onto 
the busses five samples previous to its current sample (i.e. input module 930" 
would require memory to store five samples of audio data). 

In any event and in accordance with the present invention, digital audio 
mixing block 940 mixes and provides EQ and effects to the digitized and delayed 
local audio signals 935 per control data instructions 942. That is, the output from 
digital audio mixing block 940 represents updated digital audio busses with local 
audio mixed in per the control data 942. The output of digital audio mixing block 
940 is then packetized by data packetizer 943 and transmitted to next input module 
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930 by output driver 944. Output data 946 is then sent to subsequent (or following) 
input module 930 in the chain. 

In accordance with the present invention, input module 930 must de- 
packetize input data coming into input module 930 and split into audio data 941 and 
control data 942, followed by digitally mixing audio data 941 and its local audio 
signals 935 into the mixer busses per control 942 that governs input module 930's 
inputs. Also, input module 930 must preserve all control data 942 and re-packetize 
the digital audio data (i.e., 935 and 941) and control data 942 for retransmission to 
the next input module 930 where the entire process, as described, repeats. 

Referring again to Fig. 9, it should be noted that, in accordance with the 
present invention, any number of receivers 950 can be connected to master module 
905 and provide independent mixes of the system audio busses. Using this 
configuration, an infinite amount of mixes can be provided. It should be noted that 
the configuration of Fig. 9 allows each input module 930 to receive mixing 
instructions addressed to that module 930 and then passes a signal mixed in with the 
instructions to next input module 930. In accordance with the present invention, 
this process can be done while no human perceptible delay is introduced into the 
mixed signal as it moves through link 920. 

Fig. 12 shows a detailed view of receiver 950 of system 900 shown in Fig. 
9, in accordance with the present invention. As shown, data enters receiver 950 
through receiver connector 1252 and is passed to receiver PHY 1254. Receiver 
connector 1252 comprises an RJ-45 Category-5 approved connector. Receiver 950 
receives the requisite system data via the input data from receiver connector 1252. 
It should be noted that the transmission (of data) is immediately repeated, with 
virtually no delay, to Ethernet PHY 1232 and to other receiver connector 1234 to 
provide daisy chained data to other receivers 950 by buffering it and re-clocking it 
in ASIC 1260 via Ethernet Mil interface 1230. 

After receiving the transmission, receiver ASIC 1260 de-packetizes (or 
reconstructs) the data. After de-packetizing the data, receiver ASIC 1260 sends 
separate audio I2S signals 1262 and data signals 1264 to other components such as 
D/A converters, digital signal processors, and/or microprocessors (not shown). 
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■*JZZ2 ::ir„ 1260 :t s -- ■ *— 

wsarestown m the embodiment) with mixer i o 7n rv • , 
mixer block 1270 mixes the ^ u 7 °' Dlgltal audi ° 

-o g _ ions output tt am,u8h d/a 1275 ma 

output channels!^ Noteth ™= ° U ' PUt 15 <^«=d via one or more 

controUed by i , ^ 12? ° ^ ^ E « - «d is 

ary ncoders 1282, potentiometers 1284, and switches 1286 

upiocessor 1380 by usmg rotary encoders 13S? ™f + - 

■ lromA '^ 1312 and transmits the oacketiV^I h« . 
905 via output cireuit 1 322. Poetized data to master module 

Note that data from master module 905 enters eo„ fr , c 
circuit ,330. Thereafter, data de-paokeuzer 332 ' * "** 

audio data and sends the control l^Z ~ *° ^ - 

^em components, such as input Z7^1TS ^ " «~ 
digital audio to output circuit 133* f , , ^ and S6nds 

'-.w M chcanheieuri:::^t:: d o :r mo - d/a ~ 

ert signal, is placed between audio channel selector 
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13 34 and output circuit 1338. Note ma, audio outputs 1340 can drive tire local EQs 

and effects units. 

It should be noted that, each audio channe! cau have many different 
parameter,, such as EQ (frequency, hoos.cn,, or Q), gain, FX (reverb type, reverb 
Le, reverb den S i«y, or delay). In accordance with the present mvention 
coprocessor 1380 keeps hack of the parameters that contro! snrfhce9 15 can 
LI. For instance, note tira, in a system having mnlrip.e contiol surface 0 15 

s nrface S 915. Thus, it may be desirable to make control surfaces 915 comrol 
exclusive parameters for controlhng their own respective local space. 

As noted, me configuration of system 900 represents one embodiment 4*. 
us eti to carry on, the inventive concepts of the present invention, and, as such, there 
Z TmnltipTvariationsthereof withhrme scope andspiri, of the presen, mvention. 

tatwinautomati caByenn^eraleeachaumoctarmelofmpntmoduleS^ma 

ma m,er,hatass i gn S eachand i ocHarme.ofinpu,modn 1 e930ma E ,venm^ 

0 hannelre g a I messofdteordermwhichmpn,modmes930areconnec,eda.ongme 

chain. 

tnjiH^in. and Data 1 «r pback Sc henjs 

!» accordance witir tire present mvention, a data transmission and 

om repeat data signais mat are in Ethernet forma,. AddmonaUy, a system where 
each receiver includes an isolated power supply is provtded. 

' eommmticatively coupled ,o receivers 1450 vialink 1«0. Transmitter V^-d 
receivers 1450 in Fig. 14 are shown in an exemplary embodmren ,o 
htventive concept of me presen, invention, - mere are multiple varrahons thereof 
within me scope and spirit of the present mvention. 

For insiance, in Fig. 14, either transmitter .405 or receiver 1450 canbe 
^acedwimtransmitter 105, transmitter 510, ti—er 605, mastermodnle 905, 
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mpu, module 930, conteol surfaces! 5, receiver 950, receiver 550, receiver 650 or 
recerver 107. Also, i, should be noted tta, whi.e due embodimen, shown in Fig 4 
relates to data signals in Ethernet format, other embodiments of tiaosmiders 1405 
and reccver 1450 can be used with any ground isolated data link. 

I" -ordance with the present invendon.tranamitter 1405 and receivers 
■450 can receive, transmit, and distribute data signals that are in Ethernet forma, 
and such SIgna ,s are repeated along receive. ,450 using a daisy-chained topology 
Thts ,s accomplished by firs, keeping link 1420 . ^ ^ ^ ^ " 

4,7 T r ^ imP,ementing 2 — ' iS ° Ia « — "W* 

1415 . Th* combmation allows the ground reference of receiver .450 to float to the 

ground potential of external amp ,422 and speaker 1424. 

»*» ^"^^—B-lat^groundlngisveryusefulsmce.ina 
typtcal ud,o and/or video dishibution system, ground loops can cause audio hum 
or vtsual artrfacts. By providing isolated grounding to receiver 1450 that are 
ehamed together m a daisy-chain, each receiver ,450 car, elhninate audio hum 
and/or visual artifacts. 

As noted, the present invention provides the system for each receiver in a 
cham to repeat date signak that are in Ethernet format In accordance with the 
present invendon, ttis is accomplished by wrapping the data (received fton, 
transmitter ,405 or receiver 1450) ,o an output driver ,434. More specifics,* the 
outou, date fiom transmitter ,405 (or receiver ,450) is transmitted to input receiver 
1430 and then to data loop buffer 1432. The data is then sent to output driver 1434. 

Note .ha, this configuration requires date loop buffer ,432 to account for the 
asynchronous nature of the recovered transmitter Ethente, Cock and tire receiver 
Ethernet clock. Abo note mat using this configuration as shown in Fig ,4 a 

t^TTlT °" ^ imPlemeDted "** to ***>*>■ " *"°™, 

Ethernet on,y follows either star topology or bus topology. This is very useful 

to owmg he Ethernet, opology. As a result, receivers 1450 can Iteve a maximum 
distance of over several hmrdred fee, between one anotirer. 
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WMenruchofthe descriptionherein regarding fire systems andmethoda of 
the present — perianrs «o audio da*, fire systems and methods, m a— 
with the present invention, are e q uaUy appiicame to any other types of data, such as 
video data and generic data, inelnding control data. 

^of.hepre.en.invenrionperiainstoaphysicaiEmernetsen.d^^e 
and copper links. 

ItwiUbe appreciatedhy those siril.ed in the art that changes couidbemade 
— thereof. It is understood, therefore, that this invention is not limited to the 
U and scope of the present invention as defined in the appended ctanrs. 
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What is claimed is: 

L J»ZT7 T*** a series of payloads eMh of - *— 

(b) foiming a group of check bjts &r Moh 
correction algorithm to the Mgh priority ^ ^ ^ « « — 

bits ft ? f °^ S ^ hPayIOadfomafe ' Set0f ^^hpno^ bits , thecheck 
bits, the low priority bits and a redundant set of v ,, • ■ -""neclc 
bits; and ' ° f 016 '"S 11 P non «y bi <» »d the check 

(d) transmitting the payloads formed in step (c). 

L ne ; eth0d ° fCiaim ^^-^payloadisdividedrntoahighpriontv 
section, a redundant section, and a center section positioned he^een the mI 
pnonty section and the redundant section; and wherein the fct ^ j°* 

placed in the redundant section of the payload. 

tedandl^r ^ — aisopiacedinthe 

me form 1 !; ^ f T " ^ «" «* the *. and 

die form of each payload n response to errors occumng at . receiver 
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priority section and the redundant section 

8 A data transmission and distribution system comprising*. 

formation, — different teveis of protect are appned 

bits in each payload; 

^retntnedata—onanddisriionrion 

^p of orbits for ^ E payload &om . « set of thehigh 
.he high priority bits in Uae payload, forms ea. p , ^ ^ ^ 

priority bits, the check bits, fire !ow pnonty W.- - ^ ^ ^ 

^ b rc"b=:^--— - 

of the high pnonty bits, me w 

ft. high priority bits and the chedcbits. 

• + ^ with each payload into high pnonty 
m eansfordividingthebitsassociatedwitheach P y 

bits and low priority bits; 

.eansfor — agronpofchec.bttsforeacbpay^byapp.yringan 

^^Inatgoriftmtotbehtghprioritybitsinthepaytoad., 

, a from a first set of the high priority bits, the 

check bits; and 

ttine the payloads formed from the firs, set of the mgh 
priority bits and the check bits. 
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10. A method for synchronous recreation of a data clock a, a receiver over an 
asynchronous link, comprising the steps of: 

(a) transmitting a count value associated with the data clock ftorn a 
ttansntttter to the receiver over an asynchronous link as part of an information 
payload that also includes audio or video information; and 

00 synchronously recreating the data dock at the receiver using only a 
system clock associated with the receiver and the transmitted conn, value. 

11 ■ He method of claim 10, wherein the conn, vatae inciudes a leftVrigh, (L/R) 
clock count value. 

!L 7116 method of claim ,0, wherein ,he com,t vaiue iMiudes * » <*** — 

conn, v^r th ° d ° f ^ Wherei0 ^ C ° mt " - Eth — <*«* 

15 . OTte method of claim 10, wherein the system dock coraponds to an 
£tliernet clock. 

16. The method of claim 10, further comprising the steps of: 

(c) using a phase lock loop in the receiver to remove jitter from the 
recreated data clock; and 

dnvmg digital to analog (D/A) converters in the receiver. 



17. 



The method of claim 10, further comprising the steps of: 



(c) using a phase lock loop in the receiver to remove jitter from the 
recreated data clock; and 
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^ing anaiog to digital (A/D) converters in the recerve, 

18 . A data transmission and distribution system comprising: 

a transmitter; and 

a receiver; 

— ^ OT rr"^ — mandwheremthe 
data clock is synehronousiy recreated at the rece, er g 
..ooiatedwidrthereceiverandthe— ed ooun. valne. 
19 A4 *— onat.di^h.ions^^s^y^a 
loioo.atareceiveroveranaayncnronoosUnXconrpnsrn, 

• +«i with the data clock from a 

or video samples in each payload, whereby 

M . fllM ^er comprising the step of recovering all lost 

interpolation over one sample. 

, 2 ^methodo.c.ann.C — iheandioorvideosanrplesareparhai 
samples containing only high priority Ms. 
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samples containing only low priority bits. 

24. A data transmission and distribution system comprising: 



a senes of payloads, each of the payloads formed from 
video infonnation; 



whereto the data admission mi distribution ^ ^ 
or vtdeo samp.es m each payioad, and wherein no two consecutive samp.es are ,os, 
npon a loss of an entire ftame of the interleaved samples. 

25 A data Emission and distribution system for transmitting a aeries of 
payload, wherein each of the pay.oads is fonned from samples of andio or video 
infonnation, comprising: 

no tw &r iDte ' eaVinS mdi ° M VidSO SamPte ^ ~* " 

no two consecutive samples are los, npon a loss of an entire frame of the 

interleaved samples. 

26. A system for tiansntimng and distribnting audio or video infonnation 
composing a p,ura,i,y of inpn, modules amanged in series along a, leas, one chain 

togh speed sena, data .inks tha, end with a master modu.e, wherein each input 
module recerves mixing instntctions addressed to that module and menpasses a 
stgna. mtxed in accordance with me instructions ,o me nex, mpnt module in me 
cham; and wherein no human perceptible delay is introduced into me mixed signa, 
as it moves through the chain. 

27. The system of claim 26, wherein mere is a set of receivers mat can tap into 
the common set of digha. charmels, artd each receiver creates its own user 
adjustable mix baaed on one or mom signals from the common set of digital 
channels. 

28. The system of claim 27, wherein eachreceiver inc.udes a local digita. signa. 
processor tha, mdependentiy adjusts a gain of one or more of the common chanT, 
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fMm ,6 wherein said system outputs multiple busses. 
19 The system of claim 20, whoa 

. fdata ^where,nac 0n .rolbusiBdepeuden.lyaddTesseseach 

ofthe input modules, ana m , ^ am el output bus or a mix. 

frequency or effects assoeiated win, an input channei, onrp 

.,••>« wherein me mixed signal includes data signals that 
31 . The system of claim 26, — & Retained 

are inEthemet forma, and are repeated along tbe mpnt 

topology. 

< „im26 wherein eaehmpntmoduleinoludes a power supply 

32. The system of claim 2b, wnerem 
with an isolated ground. 

33. to asystemfor— t ^-^^2* 

, r*, ft f™«ut modules arranged in series aioug 
STSS riendwi.ama.er 

module; and 

=^===- 

^riiri^m.edsisna.a.itmoves.hronghlheehain. 

34 . As ^— 

1 rn «finr.ut modules arranged m series 

^.orreeei^ateanhmputmodme.m^g— onsad^* 
that module; and 

+ ^le a signal mixed in accordance with 
me- forcing, at ,achmp-m^e^ o ^ prfle 

35 . srrsr- 

comprising a plurality of input modules arranged 
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of high speed serial data links m mi with . master ^ ^ 
mcludtng „ ne or more oujput modu , es> ^ ^ ^ ^ ^ 

martens addled ,o that nroduie and then passe, a signa, mixed in accordance 
wtth the nations ,„ the next input module in the chain; said system further 
compnsing a plurality of contro. surfaces for simultaneous* conn-oiling system 
parameters associated with each of the inpnt nrodnles and ouhput busses, wherein 
oneormoro of said con.ro! surges are physically separated in iocahon from the 
input, output and master modules. 

36. The system of claim 35, wherein each of the comm. surfaces is coupled ,„ 
he master nrodule via a connect selected from the gronp consisting of: CAT-5 
10-baseT, CAT-5 ,00-baseT, , gigabit Etheme, , 00 gigabit Eme.net, infra-red 
K±S wired, wireless, optical, and laser. 

37. The system of claim 35, wherein differed, control surface, utilize different 
transmission media, with different bandwidths, to connect to the system. 

38. The system of claim 35, wherein the mixed signa, includes data signtds that 
■ tZToIy f ° mat Md a " r<iPeated ^ * e ™ PUt ^ " " 

39. The system of claim 35, wherein each inpu, module includes a power s„p pl y 
with an isolated ground. 

40. ha system for fransmiuing and distributing audio or video infomtation 
composing a pmndity of inpu, modules amanged in series along a. ,east one chain 
of htgh speed scria, dam hnks that end with a master module, said system further 
tncludmg one or more output mod ul es and a phtrality of control SUI faees, a method 
comprising: 

receiving, at each input module, mixing instructions addressed to that 
module; 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain; and 
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w controlling with the control surfaces, system parameters 
staultaneousty controltag, ^ ^ more 

associated with each of the urput modules and «* outpttt 
ofsaidcontroisurfacesaxephysicaUyseparatedtmocaUou 



and master modules 
41. 



4 , ^ fc ^--**:^^;^rr-. 



comprising: 



■ - M a teachmputmodul e ,mixingmstructionsaddres S edto 
means for receiving, at eacnmpu 

that module; 

i^d mixed in accordance with 

input, output and master modules. 

4 , Asy .e mfo r— rn:^ 

uprising a plurality of input modules ^ " e said system further 
including one or more output modules, w ^ ^ 

wifc the insttuctrons to the next P «*W *- • 

uprising a digitally remote controlled m P ^ ^ 

.naster modules, wherein control data u> sent ir 
aerophone preamp's gain at an input module. 



46 



WO 03/063465 

PCT/US03/00967 

43 . The system of claim 42, wherein the mixed signal includes data signals that 
are in Ethernet format and are repeated along the input modules in a daisy-chained 
topology. 

44. The system of claim 42, wherein each input module includes a power supply 
with an isolated ground. 

45. In a system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a digitally remote controlled microphone 
preamp controlled from a control surface that is physically separated from the 
preamp, the input, output and master modules, a method comprising: 

receiving, at each input module, mixing instructions addressed to that 
module; and 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain, wherein control data is sent from 
the control surface to adjust the microphone preamp's gain at an input module. 

46. A system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a digitally remote controlled microphone 
preamp controlled from a control surface that is physically separated from the 
preamp, the input, output and master modules, comprising: 

means for receiving, at each input module, mixing instructions addressed to 
that module; and 

means for passing, at each input module, a signal mixed in accordance with 
the instructions to the next input module in the chain, wherein control data is sent 
from the control surface to adjust the microphone preamp's gain at an input module. 
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47 A system for transmitting and distributing andio or video information 
comprising aplurahty of input modules arranged in series along a, leas, one cham 
of high speed serial data links that end with a master modnle, said system tether 
inducing one or more outpnt mod-ties, wherehr each inpnt modnle receives nrtxmg 
insttuotions addressed «o that module and men passes a signal mixed in accordance 
wittr the instructions to the next input module in the chain; said system further 
comprising a protocol drat automatical enumerates each audio channe! of at least 
one of the input modutes in a manner drat assigns the each audio channel of the at 
feast one input module to a given channel regardless of the order in which the input 
modules are connected along the chain. 

48 The system of claim 47, wherein the mixed signal includes data signals that 
are in Ethernet fonnat and are repeated along the input modules in a daisy-chanted 
topology. 

49. The system of claim 47, wherein each inpnt modnle includes apower supply 
with an isolated ground. 

50 In a system for transmitting and distributing audio or video information 
comprising apluralityof inputmodules arranged in series along atleust one cham 
of high speed serial data links that end with a master module, said system further 
including one or more output modules and a protocol, a method compnsmg: 

receiving, a, each input module, mixing instructions addressed to that 
module; 

passing, at each input module, a signal mixed in accordance with the 
instructions to the next input module in the chain; and 

automatically enumerating, with the protocol, each audio channel of at least 
one of the input modules in a manner that assigns the each audio channel of the at 
ieast one input module to a given channel regardless of the order in whichthemput 
modules are connected along the chain. 

51 A system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one cham 

48 



WO 03/063465 

PCT/US03/00967 

of high speed serial data links that end with a master module, said system further 
including one or more output modules and a protocol, comprising: 

means for receiving, at each input module, mixing instructions addressed to 
that module; 

means for passing, at each input module, a signal mixed in accordance with 
the instructions to the next input module in the chain; and 

means for automatically enumerating, with the protocol, each audio channel ' 
of at least one of the input modules in a manner that assigns the each audio channel 
of tire at least one input module to a given channel regardless of the order in which 
the input modules are connected along the chain. 

52. A system for transmitting and disputing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, wherein each input module receives mixing 
instructions addressed to that module and then passes a signal mixed in accordance 
with the mstructions to the next input module in the chain; wherein each input 
module in the chain has a defined delay that is used to maintain a final mix in a time 
aligned format 

53. The system of claim 52, wherein the mixed signal includes data signals that 
are m Ethernet format and are repeated along the input modules in a daisy-chained 
topology. 

54. The system of claim 52, wherein each input module includes a power supply 
with an isolated ground. 

55. In a system for transmitting and distributing audio or video information 
comprising a plurality of input modules arranged in series along at least one chain 
of high speed serial data links that end with a master module, said system further 
including one or more output modules, a method comprising: 



49 



PCTAJS03/00967 

WO 03/063465 

receiving, a, each input module, mixing instructions addressed ,0 that 
module; and 

passiug.ateaehinputmodule.asigna.rnixedinaeeerdancewi.h.he 
format. 

56 Asystemfornausmittinganddistributingaudioorvideoinfo^atien 
easing a plurality o f input tnodu.es arranged in series along a, lea^ne^n 
of hig h speed serial data links tha, end with a master module, satd system further 
including one or more output modules, a method compnstngt 

means for receiving, at each input module, mixing instructions addressed to 
that module; and 

means for passing, at each input module, a signa, mixed * — 
th e instructions to the next input modme in the chain, wherein each mput module m 
Ilchamhasadefmed delay that is uaed to maintain a fma, mix in a tune aitgned 

format. 

57 A system for transmittiitg and distributing audio or video information 

common set of digital channels generated by a transmitter and eachrecetver cr ,es 
^useradiustablemrxhasedononeormoresigna.sfrom.hecommonsetof 

digital channels. 

58 The system of claim 57, wherein me signals include data signals that are in 
Ethernet forma, and are repeated along me receivers in a daisy-chaineo topology. 

59 . The system of claim 57, wherein each receiver includes apower suppfy wim 

an isolated ground. 
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60. In a system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, a method comprising: 

tapping into, at each receiver, a common set of digital channels generated by 
a transmitter; and 

creating, at each receiver, its own user adjustable mix based on one or more 
signals from the common set of digital channels. 

61. A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, comprising: 

means for tapping into, at each receiver, a common set of digital channels 
generated by a transmitter; and 

means for creating, at each receiver, its own user adjustable mix based on 
one or more signals from the common set of digital channels. 

62. A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speedy serial data links, wherein each receiver can tap into a 
common set of digital channels generated by a transmitter and each receiver creates 
its own user adjustable mix based on one or more signals from the common set of 
digital channels, and wherein each receiver employs a digitally controlled analog 
master audio gain control that automatically adjusts itself to keep an overall output 
volume constant when an individual channel's volume is raised to its maximum 
digital level and the system automatically lowers the digital volume levels of all 
other channels and raises the master gain, thereby effectively raising the volume of 
the channel that is at its maximum digital level thus allowing greater dynamic range 
control of the digital mix. 

63 . The system of claim 62, wherein the signals include data signals that are in 
Ethernet format and are repeated along the receivers in a daisy-chained topology. 
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64. The system of claim 62, wherein each receiver includes a power supply with 
an isolated ground. 

65. In a system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, a method comprising: 

tapping into, at each receiver, a common set of digital channels generated by 
a transmitter; 

creating, at each receiver, its own user adjustable mix based on one or more 
signals from the common set of digital channels; and 

employing, at each receiver, a digitally controlled analog master audio gain 
control that automatically adjusts itself to keep an overall output volume constant 
when an individual enamel's volume is raised to its maximum digital level and the 
system automatically lowers the digital volume levels of all other channels and 
raises the master gain, thereby effectively raising the volume of the channel that is 
at its maximum digital level thus allowing greater dynamic range control of the 
digital mix. 

66 A system for transmitting and distributing audio or video information 
comprising a multi-channel input module and multiple receivers arranged along at 
least one chain of high speed serial data links, comprising: 

means for tapping into, at each receiver, a common set of digital channels 
generated by a transmitter; 

means for creating, at each receiver, its own user adjustable mix based on 
one or more signals from the common set of digital channels; and 

means for employing, at each receiver, a digitally controlled analog master 
audio gain control that automatically adjusts itself to keep an overall output volume 
constant when an individual channel's volume is raised to its maximum digital level 
and the system automatically lowers the digital volume levels of all other channels 
and raises the master gain, thereby effectively raising the volume of the channel that 
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is at its maximum digital ,evel thus allowing greater dynamic range control of the 
digital mix. 

67. A system for transmitting and distributing audio or video information 
compnsmg a multi-channel mputmodule and multiple receivers aransed along a, 
least one chain of high speed seria, data .inks, wherein each receiver c'an tap into a 
common se, of digital chaune,s generated by a transmitter and each receiver can 
output one or more signals from the common set of digital channels 
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